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RADIO FREQUENCY DIGITAL FOURIER 
ANALYZER 

BACKGROUND OF THE INVENTION 

2 
When a waveform is sampled and analyzed in a digi 

tal computer by use of the Cooley–Tukey algorithm, a 
finite, discrete version of the Fourier transform (DFT) 
is used. Although most of the properties of the continu 

Complex functions of time may be trahsformed by 5 ous Fourier transform (CFT) are retained, several dif 
the Fourier transformation into sums of simple, sinus- ferences result from the constraint that the discrete 
oidal functions at different frequencies. For example, Fourier transform must operate on sampled waveforms 
to determine the response of a certain system to a com- defined over finite intervals. 
plex input signal, the input signal may be broken down The fast Fourier transform from the Cooley–Tukey 
into a sum of sinusoidal elements, and the system re- 10 algorithm is simply an efficient method for computing 
sponse to each sinusoidal element may be analyzed. the discrete Fourier transform, and the fast Fourier 
This technique is referred to as analysis in the “fre- transform can abe used in place of the continuous Fou 
quency domain' and is probably the most widely rier transform, only to the extent that the discrete Fou 
known and used design and analysis procedure for all rier transform could before, but with a substantial re 
types of electrical engineering problems. I5 duction in computer time. 
The Fourier transformation is the mathematical tool The Fourier transform pair for continuous signals can 

which permits translation between the time domain in be written in the form: 

ox) 

X(f) = x(t)e '" at . . . . (l) 
-- (xd 

ead 

x(t) = f x (f)e. '" af . . . . (2) 
da P 

which all physical processes occur and the frequency for -oo < f < co, -oc < t < 0, and i = V-1. The up 
domain in which the aforesaid analysis is possible. Until 
recently the use of the Fourier analysis for the numeri 
cal solution of practical problems was impractical be 
cause of the enormity of the required numerical calcu 
lations. However, in 1965 Cooley and Tukey described 

X (j) = 1 
N 

x (k) 

an algorithm which reduced the number of arithmetic 
operations in the calculation of a Fourier transform by 
literally orders of magnitude, making direct numerical 
calculation a feasible procedure. Since 1965, the year 

X (j) l 
N 

percase X(f) represents the frequency-domain func 
tion; the lowercase x(t) is the time-domain function. 

30 The analogous discrete Fourier transform pair that 
applies to sampled versions of these functions can be 
written in the form: 

-i2 it jk/N (3) 

(4) 

5 for j = 0, 1,...,N-1; k = 0, ...,N-1. Both X(j) 
and v(k) are, in general, complex series. 
When the expression ear it is replaced by the term 

Wv, the DFT transform pair takes the form: 

N-l -jk 
x (k) W. as (5) 

x (k) (6) 

of the Cooley-Tukey algorithm, Fourier analyses have 
been carried out more and more by digital techniques. 
The Cooley–Tukey algorithm is usually referred to as 
the “Fast Fourier Transform (FFT)," and it reduces 
the lengthy and cumbersome calculations of the Fou 
rier coefficients by a digital computer to a manageable 
and relatively rapid procedure. 

As described above, a discrete finite transform 
(DFT) must be used whenever a Fourier transform is 
computed digitally. The discrete finite transform is 
more like a Fourier series than a transform, since it as 
sumes that the input is periodic in the interval T and 
has a spectral resolution of: 

65 

(7) 
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The DFT is written as: 

N 

S(mA f) X (nA t) exp -A t 
n=0 

where: At F Sample Period 
To obtain a constant linear spectrum independent of 

time position it is at least necessary to convert the real 
and imaginary components of the spectrum into magni 
tude and phase. While the linear magnitude spectrum 
is a valid approach to achieve a useful spectrum, it is 
cumbersome from a computational standpoint. A 
closely related function, the "auto power spectrum' 
gives the same basic information, and it is faster to 
compute and can be applied to measurements beyond 
the capability of the linear magnitude spectrum. The 
auto spectrum Grip is formed by multiplying 

Go F St Sr* (f) FA(f) -- iB(f) A(f) 
- iB(f)] 

(9) 

Grred se A(f) -- B(f) 
(O) 

Each spectral line of Grr is proportional to the volt 
age squared at frequency f, or more exactly to the vari 
ance of the input waveform at frequency f. The auto 
spectrum is useful because it is the magnitude squared 
of the linear spectrum. For this reason, and because it 
has no imaginary part, it is independent of the time po 
sition of the input waveform. It is the squarelaw auto 
spectrum that is usually implied when the term "spec 
tral analysis' is used. 
The dual channel feature of the digital analyzer of the 

present invention makes it possible to take measure 
ments from two signals simultaneously, so that the rela 
tionship between the two signals may be determined. 
There are two distinct quantities that can be measured 
with respect to the two signals. The first quantity is the 
degree to which one signal depends on the other. For 
example, the relationship between an input x(t) and an 
output z(t) might be of interest. There are two distinct 
quantities that can be measured in such a situation. The 
first is the degree to which the output depends on the 
input. That is, is z(t) caused by v(t), or is z(t) due in 
part to some unrelated signal such as n(t). The second 
is, if g(t) is caused at least partially by x(t), what is the 
form of this relationship. 

It is important to note that although neither casualty 
nor relationship can exist without the other, each con 
tains different information about the process, and it 
should also be noted that no single measurement of the 
correlation between two signals, either in the time do 
main or the frequency domain, is capable of separating 
these two quantities. W 

One of the basic Fourier functions, namely the "cross 
spectrum' function, illustrates these points. The cross 
spectrum Grf between the two signals y(t) and x(t) in 
a process or system is formed by multiplying the linear 
spectrum of y(t) by the complex conjugate of the linear 
spectrum of x(t) measured at the same time, as will be 
discussed in more detail subsequently. While the “cross 
spectrum' function does not give a definite measure 
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4 
ment, it leads to two measurements which not only sep 

(8) 

arate relationship and causality, but also give quantita 
tive results. 
The first result is the basic transfer function which is 

the ratio of the output linear spectrum for zero noise to 
the input linear spectrum. The major error in transfer 
function measurement develops when the output z(t) 
is not totally caused by the input x(t) but is contami 
nated by internal system noise n(t). To measure the co 
herence between x(t) and z(t) it is necessary to com 
pute a new quantity, known as the "coherence' func 
tion. The foregoing functions are functions of fre 
quency. However, there are also functions of time 
which can be used in some of the same ways as spectra 
to clarify the linear processes. These are “correlation' 
functions. 

Digital Fourier analyzers using the Cooley–Tukey al 
gorithm or fast Fourier transform (FFT) are known to 
the prior art. The prior art digital Fourier analyzers 
usually comprise an analog/digital converter which 
converts the input to be analyzed into digital signals, 
and a general purpose computer which makes the nec 
essary computations on the digital signals. The basic 
operations performed by the prior art Fourier analyzer 
include the four basic functions described above, 
namely, the “transfer function, the “coherence' func 
tion, the "correlation' function and the “cross spec 
trum' function. However, there are many combina 
tions of the fundamental measurements which the com 
puter is capable of providing, depending on the actual 
application. 
A. Transfer function 
This is one of the most important quantities which 

the Digital Fourier Analyzer can measure. The transfer 
function H(f) of a linear system is the complex ratio of 
the output spectrum to the input spectrum. The input 
signal consists of a pure sine wave, then one point (cor 
responding to the frequency of the sine wave) on the 
transfer function relationship may be measured. For 
example, if the input signal x(t) is represented by 

x(f, t) = x sin 2 at fit 
(1) 

and the output signal y(t) is also a pure sine wave 
y (f, t) = y, sin (2 ft -- b) 

( 2) 

The ratio of output to input then yields the value of 
transfer function to the linear system at the particular 
frequency f. Thus: 

H(f) = y(f, t)/A (f, t) 
= y/x (cos disin (b) 

(13) 

Expressed in polar from the magnitude of H(f) is 

( . ) 
and the phase angle is the angle dy. 
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If the input frequency is varied with time (linear 
sweep for instance), the gain and the phase shift are 
then measured as a function of frequency such as in a 
swept-frequency network analyzer. 

In nearly every electronic processing system, espe 
cially in communication systems, the input signal does 
not consist of a pure sine wave signal alone but of a 
composite time function x(t) which contains many fre 
quencies (for instance the multi-channel signal in a co 
axial L-4 transmission line of the telephone company). 
If one could perform a Fourier transform on the input 
function 

x(t) -> Sy(f) 
and measure the output function y(t) and perform a 
Fourier transform on it: 

y(t) -> Sy(f) 
the transfer function 

H(f) = Sy(f)/Sx (f) 
can be calculated. The importance of this measurement 
technique is not only the ability to measure the transfer 
function with many frequencies present at the inputsi 
multaneously but that the transfer function can be mea 
sured using the actual signals which propagate through 
the system under operating conditions. That means that 
no pilot frequency or test signals are necessary, nor that 
the system has to be turned off for the regular traffic. 
The transfer function H(f) is obtained by measuring 

the cross spectrum Gyx and the input auto spectrum 
Gxx and dividing them. This can be proven in the fol 
lowing way: 
The cross spectrum is defined as the product of the 

linear spectrum of the output signal y(t) which we 
call Sy, and the complex conjugate of the spectrum 
of the input signal x(t) which we call S.* 
Gyx = S, S. * 

The measurement of the cross spectrum consists, 
therefore, of the simultaneous processing of x(t) and 
y(t) (converting each of the 2.7 MHz IF frequency, 
sampling it, converting all samples to digital words, and 
storing all words in the computer); then the calculation 
of the Fourier transformer of each Six, and Sy, the cal 
culation of the complex conjugate of Sy Sy, and the 
multiplication of Sy and Sv. Gyx is a complex expres 
sion since 

Gyx = Sy Sv = (A y + j By) (Ax -j Bx). 
Since H(f) is defined as 

H(f) = Sy/Sx 
we can say 

H(f) = Sy Sy/SxSy: 
as shown Sy Six * is the cross spectrum and Sv.Sv is the 
auto spectrum. Alternately, the Fourier transform of 
the output signal Sy and that of the input signal Sy are 
calculated and divided: 

H(f) = Sy/SA 
although the former method is sometimes preferred 
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6 
The coherence function is the average value of the 

ratio between the square of the average of the amount 
of the cross spectrum between the input and output of 
a transmission system, and the product of the average 
of the auto spectrum of the input signal with the aver 
age of the auto spectrum of the output signal: 

y 2 = Gys Gyv/Gyy GAA = Gyv 2/Gyy Gvy 
lf the system is noise free, this quantity becomes one, 

indicating complete coherence between output and in 
put. This can be shown by expressing the cross and auto 
spectra in Fourier transforms: 

Gyv = Sy Sv. 
as shown before 

G = SS 

Gyy = Sy Sy: 
Since 

y2 = Sy Sy* Sy* SA/SA Sy* Sy Sy* = 1 
If there is noise in the system (either white noise, non 
linearity, impulse noise, incoherent leakage signals of 
hum, etc.), then the coherence starts to disappear; 
therefore, the value of y2 is a measure of the signal-to 
noise ratio in a system under actual conditions, again 
an important quantity in multi-channel or broadband 
composite signal communications system. This can be 
shown as follows: If there is noise introduced in a sys 
tem, the output function is 

yn(t) = y(t) + n (t) 
and the output auto spectrum will be: 

Gy. y = (Sy + Sn) (Sy + Sn)* 
= Sy Sy* + Sy Sn" + Sn Sy' + Sn Sn* 

If this output auto spectrum is averaged over several 
measurements, the cross products disappear since they 
are products of non-coherent signals: 

Gyn yn = Sy Sy* + Sn Sn* = Gyy + Gnn 
The cross spectrum between input and output con 

tains in each measurement the contribution from the 
noise. However, as shown before, if several measure 
ments are averaged, the non-coherent products will dis 
appear and the final average will be equal or close to 
the cross product between the noise free output spec 
trum and the input spectrum. Then 

It will be shown here, that this coherence function 
has a number between zero and one depending on the 
signal-to-noise ratio of the output signal. 
We can say (independent whether noise is in the sys 

tem or not) 

and since: 

yx = Sy Syk and Gyx* = Sy Sy 
from the standpoint of ease and accuracy of computa- 65 then: 
tion on the computer. 
B. Coherence function using the actual signals in a sys 
ten 

Gyy Gya: = Sy Sy* SA SA* 
= Gyy Gxx 
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Then: 

y2 = Gyy GAA/Gynyn GAA = Gyy/Gyy + Gnn 
As said before, this quantity can be determined be 

tween actual input and output functions with the actual 
noise in the system by calculating several cross spectra, 
averaging them, and calculating several auto spectra of 
the input and output function. The coherence functions 
obtained this way can then be related to the intelli 
gence of the output signal such as a video signal, a 
radar signal, a telephone signal, the error rate, meas 
urements using noise loading techniques, impulse noise 
measurements, etc., to come up with a relationship be 
tween all these quantities. The coherence function 
measurement can then be used to determine the noise 
contamination of the system using the actual signal 
stream, a measurement which presently to our knowl 
edge cannot be made at high frequencies. At present, 
test signals have to be inserted into the system under 
test, which might create a different operating condition 
and actually yield wrong results. 
C. Correlation function between the output signal and 
the input signal 
The correlation function is defined as: 

T 

l f x(t) y (t-t') dit 
T 

Ryx ( ) 

O 

The correlation function is equivalent to the inverse 
Fourier transform of the cross spectrum of y(t) and 
V(t), GyA. Although the correlation function can be 
computed directly from the sampled time functions, it 
is frequency more economical from a computational 
standpoint to perform the calculation by connecting 
the two signals x(t) and y(t) from the RF frequency re 
gion to the IF and sampling the signals as explained pre 
viously. The Fourier transforms of x(t) and y(t) are cal 
culated and the cross spectrum Gyy is determined. The 
correlation function is calculated by taking the inverse 
Fourier transform of Gyy. - 
The resulting correlation function will peak when the 

two functions y(t) and x(t) are displaced by a time 
equal to the propagation delay between v(t) and y(t). 
Therefore, the correlation function will measure the 
group delay between an arbitrary input signal and its 
Subsequent output signal, in other words the group 
delay between output and input using the actual signals 
in the system. 
D. Cross spectrum, or cross power spectrum 
This is the fundamental quantity for transfer function 

and coherent function measurements. However, many 
times the user is interested in the cross spectrum alone. 
The transfer function described above may be used, 

for example, to determine the gain, loss or phase shift 
of a linear system such as a transmission system under 
actual operating conditions. The coherence function 
may be used, for example, to determine signal contami 
nation by noise, also measured under actual operating 
conditions. The correlation function may be used to de 
termine the group delay in a linear system such as a 
transmission system measured with actual signals. The 
transfer function may also be used, for example, to 
measure unbalances in a balanced transmission system, 
or balanced network, under actual operating condi 
tions. The foregoing are merely typical examples of the 
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8 
manner in which the four basic functions described 
above may be used in actual practice. 
The transfer function, the power spectrum, the co 

herence function, the cross power spectrum, the corre 
lation function, and combinations of such fundamental 
measurements can be used generally in voice, audio 
and data communication in, for example, coaxial lines 
up to 90 MHz; for the calibration of such coaxial lines; 
for a more precise determination of propagation char 
acteristics in air, space, waveguide, coaxial lines and 
the like; for input and output impedance measurements 
in transmission systems, for balance measurements, for 
cross-talk measurements, for frequency translation 
error measurements, and so on. 

BRIEF DESCRIPTION OF THE DRAWINGS 
FIG. 1 is a perspective representation of apparatus 

incorporating the system and concepts of the invention; 
FIG. 2 is a generalized block diagram of a digital 

radio frequency Fourier analyzer embodying the inven 
tion - 

FIG. 3 is a more detailed block 
of FIG. 2; and 
FIG. 4 is a diagram of a control panel which may be 

utilized in the analyzer of the invention. 
DETAILED DESCRIPTION OF THE ILLUSTRATED 

EMBODIMENT 
The radio frequency digital Fourier analyzer of the 

invention can be considered in two separate sections, 
that is, the radio frequency/intermediate frequency 
converter section and the digital section. The radio 
frequency/intermediate frequency converter section 
comprises amplifiers, oscillators, heterodyne mixers, 
and other components required to convert the radio 
frequency signal to be analyzed into a band-limited in 
termediate frequency signal of appropriate frequency 
for digital conversion. The digital section includes an 
appropriate analog/digital converter, a master clock 
system, a digital computer, and appropriate peripheral 
equipment. 

In a constructed embodiment, the radio frequen 
cy/intermediate frequency converter section includes a 
dual channel radio frequency/intermediate frequency 
converter which is capable of operating at a radio fre 
quency spectrum analyzer and radio frequency net 
work analyzer, converting a range of from 500 KHZ to 
1,300 MHz, and that section is represented by a unit 10 
mounted in a housing 12 of FIG. 1. An appropriate unit 
for this purpose, for example, is the Singer Company 
spectrum analyzer Models SA-70A or SA-71A which is 
effective from 500 KHz to 1,300 MHz. 
A digital computer 14 is also mounted in the housing 

12. The digital computer marketed by the Varian Com 
pany, and designated as their Model 620If, is suitable 
for this purpose. Also included in the housing 12 is an 
appropriate 24K memory for the computer, designated 
16 in FIG. 2. Other components are also mounted in 
the housing, including an appropriate power supply. A 
cathode-ray tube read-out unit 20 is also provided, and 
this unit may be of the type marketed by the Tektronix 
Company and designated by them as their model 4010. 
Also, an X-Y plotter 22 is provided for making a per 
manent record of the outputs from the apparatus. A 
control panel 25 for the entire system is shown in some 
detail in FIGS. 1 and 4. The various units of FIG. are 
shown in block form in FIG. 2. Also included in the 

diagram of the system 
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block diagram of FIG. 2 is a control and processing 
input module 24, which interfaces the spectrum analy 
zer 10 with the digital computer 14. 
Referring now to FIG. 2, the radio-frequency/inter 

mediate frequency converter section of the analyzer 
may be considered as represented by the blocks 10 and 
24. The function of this section is to convert the signals 
applied to channels A and B, which are in a frequency. 
range of from 500 KHZ to 1.3 GHz to a band-limited 
intermediate frequency signal centered, for example, 
on 2.7 MHz, which can be sampled digitally. A second 
function of the radio frequency section is to maintain 
the amplitude of the 2.7 MHz signal substantially at the 
maximum allowable input level to the analog/digital 
converter which is included in the processing module 
24, in order to use effectively the full range of the digi 
tal system. 
As shown in the block diagram of FIG. 3, three stages 

of frequency conversion are used in the analog spec 
trum analyzer of the block 10. The analyzer comprises, 
for example, a controllable input attenuator 100 which 
introduces the 500 KHZ to 1.3 GHz signal received 
over channel A to a low pass filter 102. The low pass 
filter passes only those signals below 1.3 GHz to a first 
heterodyne mixer 104. As indicated, the mixer 104 
may be a doubly balanced mixer. Also included in the 
spectrum analyzer of block 10 is a first local oscillator 
106. The first local oscillator is a voltage controlled os 
cillator which is scanned through the 1.5–2.8 GHz band 
in discrete increments by the digital computer 14. 
The signal received over channel B which, likewise, 

is in the 500 KHz - 1.3 GHz band is attenuated by an 
attenuator 108, the output of which is passed through 
a low pass filter 110 to a doubly balanced first hetero 
dyne mixer 112. The low pass filter 110 passes only 
those frequencies below 1.3 GHz. The output from the 
first local oscillator 106 is passed through a hybrid cou 
pling network 113, and through amplifiers 114 and 1 16 
to the mixers 104 and 112 respectively. In this way, het 
erodyne signals are applied to the mixers which are 
scanned through the 1.5 - 2.8 GHz frequency band in 
discrete steps. 
The output from the mixer 104 is passed through a 

bandpass filter 118 to a second doubly balanced het 
erodyne mixer 120. The pass band of the filter 118 is 
of the order of 1.5 GHz. Likewise, the output of the 
first mixer 112 is passed through a similar bandpass fil 
ter 122 to a second doubly balanced mixer 124. A crys 
tal controlled second local oscillator 126 produces a 
1.44 GHz output signal which is introduced by amplifi 
ers 128 and 130 to the respective mixers 120 and 124. 
The mixers 120 and 124 produce respective interme 

diate frequency signals each having a center frequency 
of the order of 60 MHz. These latter signals are ampli 
fied in respective second intermediate frequency am 
plifiers 132 and 134. The signal from the amplifier 132 
is introduced to a further heterodyne mixer 136, and 
the signal from the intermediate amplifier 134 is intro 
duced to a further heterodyne mixer 138. A third local 
oscillator 140 is coupled to the mixers 136 and 138 
through respective amplifiers 142 and 144. The oscilla 
tor 140 is voltage controlled by the computer 14, and 
is scanned by the computer through a 100 KHz band in 
l(). KHZ steps. 
The resulting outputs from the mixers, 136 and 138 

are passed through respective amplifiers. 146 and 148 
to resolution control switches 150 and 152. The switch 
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10 
150 selectively connects three bandpass filters 154, 
156 and 158 into the circuit between the amplifier 146 
and a track and hold circuit 200 in the control and 
computer input processing module 24. The Switch 152, 
on the other hand, selectively connects three bandpass 
filters 160, 162 and 164 between the amplifier 148 and 
a track and hold circuit 202 in the module 24. The 
bandpass filters 154, 156, 158 and 160, 162, 164 ex 
hibit respective bandwidths of 1 MHz, 100 KHz and 10 
KHZ. 
The output of the first group of bandpass filters is 

passed through a log/linear amplifier 166 to a detector 
168; whereas the output of the second group of band 
pass filters is also applied to a log/linear amplifier 170 
connected to a detector 172. The outputs of the detec 
tors 168 and 172 are connected through a differential 
operational amplifier 174 to a cathode-ray tube display 
device 176. The output from the detector 168 is also 
applied to a level comparator 178 which, in turn, is 
connected to an intermediate frequency gain control 
circuit 180 and to a radio frequency attenuation con 
trol circuit 182. The control circuit 180 controls the 
gain of the second intermediate frequency amplifiers 
132 and 134, and the control 182 controls the setting 
of the attenuators 100 and 108. The level comparator 
178 is also controlled by the computer 14. 
The output of the track and hold circuit 200 in the 

module 24 is applied to an analog/digital converter 
204, as is the output from the track and hold circuit 
202. The output from the analog/digital converter is 
fed into a buffer memory 208 which may have a capac 
ity, for example, of 2,048 words. 
A crystal control clock oscillator 210 is also included 

in the module 24, the output of which is passed through 
a sample rate divider 212 controlled by the computer. 
A sample signal of the order of 3 MHz or higher (de 
pending upon which bandpass filters 154, 156, 158, 
60, 162, 164 have been selected) is applied to the ana 

log/digital converter 204 from the divider 212. The 
module 24 also includes a control module for the digi 
tal computer. 
The resulting signal applied to the track and hold cir 

cuit by the first group of bandpass filters, and the re 
sulting signal applied to the track and hold circuit 202 
by the second group of bandpass filters, has a center 
frequency of 2.7 MHz. As stated above, the function of 
the radio frequency section is to convert the incoming 
signals in channels A and B, which are in a frequency 
range of from 500 KHz to 1.3 GHz to the 2.7 MHz in 
termediate frequency signal which is appropriately 
band limited, as determined by the selected bandwidth 
filter of the first or second groups. As also pointed out, 
a secondary function of the radio frequency Section is 
to maintain the amplitude of the 2.7 MHz signal at the 
maximum allowable input level to the analog/digital 
converter 204 in order to use effectively the full range 
of the digital system. 
As described above, three stages of frequency coh 

version are used in each channel in the radio frequency 
section, with the first and third local oscillators of each 
channel being tunable by the computer in discrete 
steps. These oscillators may be phase locked against 
crystal references to achieve frequency accuracy and 
stability of the order of one part in 10" or better. The 
frequency of the first local oscillator 106 is controllable 
in increments of 1 MHz, and the frequency of the third 
local oscillator 140 is controllable in increments of 10 
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KHz and 100 KHz. Tuning of the local oscillators is ac 
complished by the computer in accordance with a pre 
determined program and through digital/analog con 
verters. 
The dynamic range of the analog/digital converter 

204 and the digital system in a constructed embodi 
ment has been measured at 69 dB. In order to utilize 
this range effectively, the peak input signal should be 
maintained constant at the maximum level of the ana 
log/digital converter. This function is accomplished by 
the automatic gain control circuits formed by the com 
ponents 166, 168, 170, 172, 178, 180 and 182. The 
AGC scale factors are also stored in the computer so 
that absolute level signals may be determined allowing 
absolute read-out within the accuracy of the radio fre 
quency system, that is with it 1 dB. 
The band limiting filters 154, 156, 158 and 160, 162, 

164 confine the signal being sampled to a predeter 
mined bandwidth. These filters provide nominal analy 
sis bandwidths of 1 MHz, 100 KHZ and 10 KHZ corre 
sponding to frequency resolutions from the Fourier 
transform of 1,000, 100 and 10 Hz respectively. The 
two-channel radio frequency/intermediate frequency 
converter section can be operated manually, but it re 
quires the digital computer 14 to provide the com 
mands for the gain settings, the sweeping of the first 
and third local oscillators 106 and 140, selected by the 
“center frequency" and "scan width" controls on the 
control module front panel, and possibly the read-out. 
An appropriate control panel for the system is shown 

in FIG. 4. The control panel includes three sets of 
thumbwheel switches by which the "Start Frequency', 
the "Band Width' and the "Resolution' desired for 
any particular analysis may be programmed into the 
computer. 
The control panel also includes a set of three push 

button switches labelled "Start," "Stop' and "Reset" 
for starting, stopping and resetting the system. 
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A pushbutton switch 'F' instructs the system to cal- - 
culate the Fourier transforms, and a pushbutton switch 
"F' instructs the system to calculate the inverse Fou 
rier transforms. The "PSD' switch tells the system to 
calculate the power spectral density, and the switch 
"H' tells the system to calculate the histogram of a par 
ticular function. The switches CF, TF, CF and CF 
refer to the various functions, i.e., correlation, transfer, 
coherence and convolution. 
The channels A and B of the system may be individu 

ally selected, or both channels may be used by selective 
actuation of the pushbutton switches "A," "B" or 'A 
+ B." An appropriate output device such as the cath 
ode-ray tube 20, the plotter 22, or a teletype printer, 
may be selected by operation of the switches “CRT,' 
“PLTR' or “TT." A set of thumbwheel switches is pro 
vided to permit an appropriate sensitivity setting for the 
system to be made. 
The system may be set to select its input from stor 

age, if desired, by actuating the pushbutton "STR;" 
also single scan operation, or repeat scan operation 
may be selected by actuating the pushbuttons "S.S." or 
''R.S.' . 

The pushbuttons “Y,' 'Y' 'Y' 'Y' 'X,' 
"X," and 'POLAR," determine the mode of opera 
tion of the system or select that the X and Y outputs be 
displayed in magnitude, phase, on a linear scale, on a 
logarithmic scale, or in polar coordinates. 
The radio frequency/intermediate frequency con 
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12 
verter section can be used for analog operation. This is 
achieved by the logarithm/linear amplifiers 166 and 
170, the linear detectors 168 and 172, the video differ 
ential amplifier 174, and the cathode-ray tube display 
176. For spectrum analysis, the cathode-ray tube 176 
will display the spectrum with the radio frequency/in 
termediate frequency converter section used as a single 
channel spectrum and analyzer. The display can be ei 
ther linear or logarithmic. 
For network analysis, the radio frequency/intermedi 

ate frequency converter section operates as a two 
channel receiver similar to a vector voltmeter, except 
that the local oscillators are not phase locked to the in 
coming signal. The frequency-to which the analyzer is 
tuned is set by the "center frequency' dial on the con 
trol module front panel. The detected direct-current 
outputs from the two final detectors 168 and 172 are 
combined in the differential operational amplifier 174 
to display the difference between the two direct 
current signals. In the logarithmic mode this provides 
a difference in radio frequency input levels expressed 
linearly in dB, taking into account the difference in 
gain of the two channels as indicated by the "full scale' 
setting of the two gain controls. 
The digital section of the system includes the digital 

computer 14, as well as the control and computer input 
processing module 24. The analog/digital converter 
204 is included in the module, as described above. The 
analog/digital converter in a constructed embodiment 
is a ten bit two's complement converter with front end 
track and hold amplifiers 200 and 202 capable of sam 
pling the 2.7 MHz input signal from each channel. To 
accomplish this, an aperture time on each track and 
hold amplifier of 60 picoseconds is required. Depend 
ing upon the intermediate frequency bandwidth in use, 
the sampling rate of the analog/digital converter will be 
3.5 MHz, 350 KHz or 35 KHz. The high speed buffer 
memory 208 is required between the analog/digital 
converter and the digital computer 14 to provide tem 
porary storage at the higher sampling rate. The sam 
pling signals are generated by dividing down the clock 
signal derived from the crystal clock oscillator 210 
through the sample rate divider-212. Three sampling 
rates are selectable corresponding to the three band 
limiting filter bandwidths. 
The digital computer 14 used in a constructed em 

bodiment is a Varian data machine Model 620If with 
a minimum of 8K words of core memory. To provide 
the maximum flexibility and utilization of the system, 
additional core memory may be required. The com 
puter calculates the fast Fourier transform (FFT) of the 
sampled data and, depending upon the application, 
uses the results of the FFT to calculate one or more de 
rived functions such as power spectrum, cross spec 
trum, transfer function, and the like. The results are ei 
ther stored in the memory for later use, such as in long 
term averaging, or are fed to one or the other of the 
output devices 20 and 22. 
The computer 14 also serves as a control for the 

radio frequency/intermediate frequency converter sec 
tion. Operating under program control, the computer 
generates tuning information for the frequency synthe 
sized local oscillators 106 and 140, this information 
being transmitted to the local oscillators over the re 
spectively leads 400 and 402 in FIG. 3. The computer 
also adjusts the radio frequency attenuators 100 and 
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108 and the intermediate frequency amplifiers 132 and 
134 by introducing a control to the level comparator 
178, so as to obtain an optimum signal level to the ana 
log/digital converter 204 at all times. 
The cathode-ray tube 20 may be a full graphic/al 

phanumeric terminal similar to the Tektronix Model 
4010, as mentioned above. The display is used to pres 
ent large screen, formatted displays of the spectral data 
and derived functions. The terminal will have the capa 

14 
bodiment of the invention has been described, modifi 
cations may be made. It is intended in the following 
claims to cover the modifications which come within 
the spirit and scope of the invention. 
What is claimed is: 
1. A radio frequency digital Fourier analyzer system 

comprising: a pair of input circuits for receiving a pair 
of separate signals each lying in a predetermined radio 
frequency range; a radio frequency/intermediate fre 

bility to display appropriate scales, captions and other 10 quency converter circuit coupled to each of Said pair 
identifying information with the data display. 
The X-Y plotter 22 serves as the basic hard copy out 

put device. This plotter may be a standard graphic plot 
ter or recorder with a digital/analog converter. 
The invention provides, therefore, a radio frequency 

digital Fourier analyzer which comprises the combina 
tion of a programmable radio frequency/intermediate 
frequency converter and a digital computer, together 
with certain appropriate interface components, as de 
scribed above. The resulting combination results in a 
digital spectrum analyzer with very high resolution and, 
at the same time, wide dispersion, covering the fre 
quency range of the prior art analog spectrum analyzer. 
Specifically, the digital analyzer of the invention is ca 
pable of operation in the range of 500 KHz to 1,300 
MHz. 
The resulting digital analyzer has inherent advan 

tages over the prior art analog spectrum analyzer in 
that high resolution may be achieved without increase 
in scanning time as long as the signal-to-noise ratio in 
the intermediate frequency output is high. Also, the 
resolution of the spectrum analysis can be changed in 
the digital system by simply changing the program, and 
no hardwave change is involved. 
The spectral information computed by the digital an 

alyzer of the invention may be stored and made avail 
able for processing such as determining the cross 
correlation function, power spectra, statistic, interroga 
tion, time transfer function, and the like, similar to the 
applications which are available to users of the prior art 
digital Fourier analyzers, but which are capable of op 
eration only at the lower frequencies. 
Using the concept of the present invention, by which 

the digital analyzer is capable of operation at the higher 
frequencies, it is capable of more widespread use for 
automatic network analysis. It can also be used as a 
transient recorder for very high frequency transients on 
carriers. By averaging many samples, signals buried in 
noise can be detected by the system of the present in 
vention. 

It will be appreciated that although a particular em 
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of input circuits and responsive to said radio frequency 
signals to produce intermediate frequency output sig 
nals of a particular intermediate frequency and band 
width; an analog/digital converter coupled to the out 
puts of said radio frequency/intermediate frequency 
converter circuits for transforming each intermediate 
frequency output signal into a corresponding digital 
signal; digital computer means coupled to said analog/- 
digital converter and responsive to the digital signal 
therefrom for performing computations corresponding 
to selected Fourier transforms; and readout means cou 
pled to said digital computer means for utilizing output 
information from the computer means corresponding 
to the aforesaid computations. 

2. The radio frequency digital Fourier analyzer de 
fined in claim 1, in which each of said radio frequen 
cy/intermediate frequency converter circuits includes 
at least one mixer coupled to a variable frequency local 
oscillator for heterodyning a received radio frequency 
signal to a selected intermediate frequency said local 
oscillator being coupled to permit said computer means 
to control the frequency of said local oscillator in dis 
crete steps through a predetermined frequency range. 

3. The radio frequency digital Fourier analyzer de 
fined in claim 1, in which each of said radio frequen 
cy/intermediate frequency converter circuits includes 
an automatic gain control circuit responsive to the out 
put signal level of one of said converter circuits and to 
said digital computer means for maintaining a predeter 
mined amplitude of the intermediate frequency output 
signals of each of said converter circuits at a maximum 
value with respect to the requirements of said analog? 
digital converter. 

4. The radio frequency digital Fourier analyzer sys 
tem defined in claim 1, in which each of said radio 
frequency/intermediate frequency converter circuits 
includes a plurality of bandpass filters, and further in 
cludes switching means connected to said plurality for 
selectively coupling one of said plurality in series with 
the output of said converter circuit, so as to establish 
different bandwidths of said intermediate frequency 
output signal. 
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